Abstract: In this letter, an adaptive time-reversal multichannel combiner is embedded within an iterative successive interference cancellation receiver. With the addition of matching pursuit, a sparse channel estimation technique, the combined receiver is shown to provide both temporal interference cancellation as well as spatial interference suppression in decoding simultaneous transmissions from separate users in a time-varying underwater acoustic environment. Experimental data collected during the KAM11 experiment illustrates that for a two-user multiple-access system, multiuser separation can be achieved.
Introduction
Following the introduction of adaptive decision-feedback equalization (DFE) for singleuser communications through shallow water channels, 1 time-reversal (TR) approaches have become a popular alternative for phase-coherent decoding. 2, 3 In rich multipath fading environments (e.g., the shallow water acoustic channel), TR approaches are particularly attractive for both the array gain from multichannel combining as well as the computational savings from a significant intersymbol interference reduction at the output of the combiner. However, while adaptive DFE receivers are inherently capable of tracking a time-varying channel, TR receivers require a priori knowledge of the channel and must be supplemented with reliable channel estimation and tracking techniques. Previously, in cases where the channel could be modeled as time-invariant within a packet, channel estimates could be provided by a channel probe or training symbols prepended to a packet. When this assumption no longer held, i.e. time-varying channels, recent results showed that TR could also be applied with decision-directed channel updates and block-based processing. 3, 4 When considering multiple users, each with a single transmitter, communicating simultaneously to a single receiving array without the explicit use of time, frequency, or code division, extending either class of receivers became nontrivial. While an adaptive multiuser DFE was derived to address the problem, its implementation was limited by the exponential growth in computational complexity in the number of users. 5 On the other hand, within the TR domain, adaptive time-reversal (ATR) was developed as an approach for nulling multiple-access interference (MAI) from competing users while maintaining its beneficial qualities, e.g., computational efficiency. 6 In contrast to other TR approaches, ATR optimized the multichannel comber to minimize MAI while leaving the desired user's signal undisturbed at its output. Unfortunately, ATR shared the same characteristic as other TR techniques in that it also a) Author to whom correspondence should be addressed. required knowledge of the channel prior to decoding. Because of this fact, ATR could not be extended directly to time-varying channels, because a means for channel estimation and tracking in the presence of strong MAI was not available.
In this letter, we will address this problem and develop the means for applying ATR in time-varying environments. The proposed receiver embeds ATR within an iterative, successive interference cancellation (SIC) framework. Using previously decoded symbols, SIC potentially can suppress MAI from competing users at the multichannel level, creating a limited MAI setting in which matching pursuit (MP), a sparse channel estimator, 7 can perform channel updates. SIC has been heavily studied as a multiuser separation technique for wireless communications 8 and recently was considered for use in the (time-invariant) underwater acoustic channel. 9 Because SIC is a greedy approach, the increase in complexity was shown to be linear in the number of users. Even so, encouraging results showed SIC's capability and robustness when compared to other techniques, albeit in time-invariant environments.
The proposed receiver will be investigated with two-user data collected over the 20-30 kHz band during a recent experiment conducted in shallow water. With sufficient decoding iterations, the combination of SIC and MP will be capable of tracking a time-varying channel in the presence of strong MAI, providing ATR with the means to achieve multiuser separation.
Combined receiver: ATR and SIC
To extend the previous methods to time-varying channels, the standard block-wise processing approach will be considered, and the channel will be assumed timeinvariant within each block. Each block will be decoded using the proposed architecture depicted in Fig. 1 . MAI from transmissions during the current and previous blocks will be partially mitigated by SIC, followed by sparse channel estimation with MP. Recently, it has been shown that for an L-tap channel with m nonzero components, matching pursuit techniques are capable of reliably estimating a sparse channel with O(m log L) measurements, 10 as opposed to least-squares methods which require a minimum of 2L. With block-wise processing, the reduction in available data samples for channel estimation motivates the use of sparse channel estimation techniques.
The suboptimal detector in Fig. 1 is designed to decode each user in succession rather than jointly as in the optimal detector. 5 However, previously decoded information is fed back to improve the decoding capability for later users in the decoding sequence. With enough iterations, all users potentially can benefit from re-use of previously decoded information. In a previous study, 9 SIC was applied after multichannel combining in order to remove MAI temporally prior to equalization and decoding. In the current investigation, the application of SIC is considered prior to multichannel combining, while ATR plays the role of spatial crosstalk minimization and multichannel combining. As shown in Fig. 1 , SIC provides temporal MAI mitigation prior to multichannel combining, such that channel estimates can be formed at the multichannel level by the MP algorithm. Similar to other SIC architectures, iterating the entire process can jointly increase the accuracy of both symbol and channel estimates, potentially enhancing the output signal-to-interference-plus-noise ratio (SINR) for all users. Specific details regarding the implementation of the SIC algorithm are available in the literature. 9 Following SIC and sparse channel estimation, ATR can be employed to achieve spatial and temporal focusing while simultaneously suppressing residual MAI. ATR was developed as a means of nulling crosstalk between users while maintaining the beneficial qualities of its conventional counterpart. 6 Defining the column vector d k as the collection of channel responses in the frequency domain between a user k to an M-element array during the current decoding block
the filter response at frequency f for focusing the array on user k is given byw k , the solution to the problem
where the superscript H denotes complex-conjugate transpose. R is defined as
designed to emulate the cross-spectral density matrix for an appropriate choice of the regularization parameter r 2 , chosen to be the measured noise power at frequency f. P j denotes the power transmitted by user j in the band of interest. This is a quadratic programming problem, and analysis of its dual problem yields the optimal and analytic solutionw
which is feasible for all R 1 0 and can be ensured with non-negative choices of r 2 . The optimal weights are calculated for all frequencies in the transmission band, transformed to the time domain, and time-reversed (or phase-conjugated), yielding the set of adaptive time-domain filter coefficients w Fig. 1(b) . Furthermore, we note that for feasible solutions, the optimal valuew H k Rw k represents the interference plus noise experienced by user k at frequency f, and is a suitable metric for ordering the users in SIC.
Although the application of both SIC and ATR may seem redundant from the perspective of MAI removal, they are indeed complementary. SIC and MP can produce channel estimates at the multichannel level as the process iterates and symbol information improves, while ATR cannot, as element-wise channel information is lost when signals are combined across an array. In turn, ATR can suppress residual MAI, minimizing the effect of error propagation between iterations as well as providing the spatial and temporal focusing benefits of conventional time-reversal. To illustrate ATR's mitigation of residual interference, we let r À i t ð Þ represent the post-SIC signal out of the ith receiver element
assuming the availability of accurate channel estimates (i.e.,ĥ j i ¼ h j i ) and ignoring the effects of noise and transmit power imbalance. Here, h j i t ð Þ represents the channel experienced by the jth user to the ith receiver during the current decoding block, and e j (t) represents the error signal e j t ð Þ ¼ s j t ð Þ Àŝ j t ð Þ;
whereŝ j t ð Þ is the best available estimate of the transmitted signal from user j. The first component of Eq. (6) represents the desired portion of the received signal after temporal interference cancellation, while the second component of Eq. (6) represents the residual interference. Because ATR is designed as a spatial interference suppressor, it minimizes any signal component [i.e., e j (t)] distorted by h j i t ð Þ for all j 6 ¼ k and is therefore capable of suppressing the residual interference following SIC.
Experimental results from a time-varying channel
To illustrate its performance in a time-varying ocean environment, the proposed receiver is applied to communications data collected during the Kauai Acomms MURI 2011 (KAM11) experiment. The KAM11 experiment was conducted off of the west coast of Kauai in a 100-m deep downward refracting environment (in the same location as KAM08). 4 In similar fashion to the KAM08 experiment, the KAM11 experiment sought to further investigate the effect of environmental fluctuations on the performance of acoustic communication systems but with an increased focus on multiuser applications. During multiuser transmissions over the 20-30 kHz band, the temporal dynamics of the environment provided a time-varying, rich multipath channel resolvable by the communications receivers. The particular experimental setup used for the data of interest is depicted in Fig. 2 along with a sound speed profile and example channel impulse responses measured during the experiment. Two users, labeled users 1 and 2 at depths of 76.5-m and 91.5-m, respectively, transmitted to a vertical receiving array with 3.75-m spacing suspended in 100-m water depth at a range of approximately 3-km. The 10.5-s packets for each user were constructed from independent data modulated with QPSK (user 1) and modified 8-QAM symbols (user 2) and transmitted at a rate of 5 ksps both sequentially (in a single-user setting without MAI) and simultaneously (in a multiuser setting with MAI) from the users under similar channel conditions. With the users transmitting sequentially, their throughput was 10 and 15 kbps, respectively, for a time average of 12.5 kbps (10 and 15 kbps over two packet intervals). With the users transmitting simultaneously, their combined throughput was 25 kbps (10 and 15 kbps over one packet interval).
Single-user communications
Single-user receptions of the packets collected under similar channel conditions as the multiuser packet were considered for this analysis for two main reasons. Perhaps most importantly, it provided a baseline comparison of results between multiuser and singleuser decoding performances, which is discussed later. Additionally, the channel variability experienced by each user could be assessed without the impact of MAI. An estimate of the magnitude of the channel impulse response experience by each user (in the absence of MAI) to a single element of the receiving array is presented in Fig. 3 . Although the arrival structure of the channels remain largely unchanged, the individual paths undergo non-uniform fades, requiring the receiver to adaptively track the timevarying channel.
First, when the packets were processed separately, the block-by-block processor consisted of MP and conventional time-reversal (CTR) without SIC nor iterative processing (neither are necessary in the absence of MAI). 4 The results from decoding the single-user packets are presented in Fig. 3(a) . The packets were decoded with output SNRs of 19.3 and 16.7 dB, respectively. As stated previously, these benchmarks provided a performance ceiling for the analysis of the multiuser packet that follows.
Multiuser communications
Next, the multiuser packet was decoded with block-by-block processing and four iterations of the combined receiver depicted in Fig. 1 . The "decoder" and "re-encoder" blocks in Fig. 1 , which represent the decoding and encoding blocks of an errorcorrecting code, were omitted to ensure all quoted performance measures did not reflect coding gains. Instead, quantized symbol estimates were directly fed back into the system. With 4 iterations of the proposed receiver, the combined receiver effectively separated the users with output SNRs of 15.8 and 13.7 dB, respectively, as seen in Fig.  3(b) . The degradation from single-user decoding was approximately 3À3.5 dB, which is in agreement with previous results from time-invariant channels. 6 A comparison with the ATR only receiver 6 (without channel updates) was also conducted and is presented in Fig. 3(c) for both users. With the ATR only receiver, the output error slowly grew as the quality of the original channel estimates faded, while the proposed receiver was able to provide accurate channel updates to the combiner. One assumption that was necessary was the availability of an initial channel impulse response between each user and the receiver, a typical assumption necessary for TR communications. For this data, the initial channel estimates were extracted from correlated receptions of simultaneously transmitted Kasami sequences prepended to the multiuser data. However, for a fully asynchronous multiuser system, this assumption must be relaxed, and a channel estimation scheme in the presence of asynchronous MAI must be considered.
Summary and conclusions
The dispersive underwater acoustic channel has been shown to be able to support multiple users (without an explicit division scheme), increasing the average total system throughput linearly in the number of users. It has been shown that through iterative processing of a combined ATR-SIC receiver with intelligent information re-use, a suboptimal, greedy detector can still achieve multiuser separation in a time-varying channel. For the example presented in this letter, the average system throughput was doubled successfully from 12.5 kbps for single-user transmissions, to 25 kbps with simultaneous multiuser transmissions without a drastic loss in performance-a loss of only about 3-3.5 dB from the single-user baseline which was consistent with previous results.
